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1
PROCESSING SIGNALS

RELATED APPLICATION

This application claims priority under 35 U.S.C. §119 or
365 to Great Britain, Application No. GB 1120392 4, filed
Nov. 25, 2011.

The entire teachings of the above application are incorpo-
rated herein by reference.

TECHNICAL FIELD

The present invention relates to processing signals received
at a device.

BACKGROUND

A device may have input means that can be used to receive
transmitted signals from the surrounding environment. For
example, a device may have audio input means such as a
microphone that can be used to receive audio signals from the
surrounding environment. For example, a microphone of a
user device may receive a primary audio signal (such as
speech from a user) as well as other audio signals. The other
audio signals may be interfering (or “undesired”) audio sig-
nals received at the microphone of the device, and may be
received from an interfering source or may be ambient back-
ground noise or microphone self-noise. The interfering audio
signals may disturb the primary audio signals received at the
device. The device may use the received audio signals for
many different purposes. For example, where the received
audio signals are speech signals received from a user, the
speech signals may be processed by the device for use in a
communication event, e.g. by transmitting the speech signals
over a network to another device which may be associated
with another user of the communication event. Alternatively,
or additionally, the received audio signals could be used for
other purposes, as is known in the art.

In other examples, a device may have receiving means for
receiving other types of transmitted signals, such as radar
signals, sonar signals, antenna signals, radio waves, micro-
waves and general broadband signals or narrowband signals.
The same situations can occur for these other types of trans-
mitted signals whereby a primary signal is received as well as
interfering signals at the receiving means. The description
below is provided mainly in relation to the receipt of audio
signals at a device, but the same principles will apply for the
receipt of other types of transmitted signals at a device, such
as general broadband signals, general narrowband signals,
radar signals, sonar signals, antenna signals, radio waves and
microwaves as described above.

In order to improve the quality of the received audio sig-
nals, (e.g. the speech signals received from a user for use in a
call), it is desirable to suppress interfering audio signals (e.g.
background noise and interfering audio signals received from
interfering audio sources) that are received at the microphone
of the user device.

The use of stereo microphones and other microphone
arrays in which a plurality of microphones operate as a single
audio input means is becoming more common. The use of a
plurality of microphones at a device enables the use of
extracted spatial information from the received audio signals
in addition to information that can be extracted from an audio
signal received by a single microphone. When using such
devices one approach for suppressing interfering audio sig-
nals is to apply a beamformer to the audio signals received by
the plurality of microphones. Beamforming is a process of
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focusing the audio signals received by a microphone array by
applying signal processing to enhance particular audio sig-
nals received at the microphone array from one or more
desired locations (i.e. directions and distances) compared to
the rest of the audio signals received at the microphone array.
For simplicity we will describe the case with only a single
desired direction herein, but the same method will apply
when there are more directions of interest. The angle (and/or
the distance) from which the desired audio signal is received
at the microphone array, so-called Direction of Arrival
(“DOA”) information, can be determined or set prior to the
beamforming process. It can be advantageous to set the
desired direction of arrival to be fixed since the estimation of
the direction of arrival may be complex. However, in alterna-
tive situations it can be advantageous to adapt the desired
direction of arrival to changing conditions, and so it may be
advantageous to perform the estimation of the desired direc-
tion of arrival in real-time as the beamformer is used. Adap-
tive beamformers apply a number of “beamformer coeffi-
cients” to the received audio signals. These beamformer
coefficients can be adapted to take into account the DOA
information to process the audio signals received by the plu-
rality of microphones to form a “beam” whereby a high gain
is applied to the desired audio signals received by the micro-
phones from a desired location (i.e. a desired direction and
distance) and a low gain is applied in the directions to any
other (e.g. interfering or undesired) signal sources. The beam-
former may be “adaptive” in the sense that the suppression of
interfering sources can be adapted, but the selection of the
desired source/look direction may not necessarily be adapt-
able.

As described above, an aim of microphone beamforming is
to combine the microphone signals of a microphone array in
such a way thatundesired signals are suppressed in relation to
desired signals. In adaptive beamforming, the manner in
which the microphone signals are combined in the beam-
former is based on the signals that are received at the micro-
phone array, and thereby the interference suppressing power
of the beamformer can be focused to suppress the actual
undesired sources that are in the input signals.

As well as having a plurality of microphones for receiving
audio signals, a device may also have audio output means
(e.g. comprising a loudspeaker) for outputting audio signals.
Such a device is useful, for example where audio signals are
to be outputted to, and received from, a user of the device, for
example during a communication event. For example, the
device may be a user device such as a telephone, computer or
television and may include equipment necessary to allow the
user to engage in teleconferencing.

Where a device includes both audio output means (e.g.
including a loudspeaker) and audio input means (e.g. micro-
phones) then there is often a problem when an echo is present
in the received audio signals, wherein the echo results from
audio signals being output from the loudspeaker and received
at the microphones. The audio signals being output from the
loudspeaker include echo and also other sounds played by the
loudspeaker, such as music or audio, e.g., from a video clip.
The device may include an Acoustic Echo Canceller (AEC)
which operates to cancel the echo in the audio signals
received by the microphones.

Although the AEC is used to cancel loudspeaker echoes
from the signals received at the microphones, a beamformer
(as described above) may simplity the task for the echo can-
celler by suppressing the level of the echo in the echo cancel-
ler input. The benefit of that would be increased echo cancel-
ler transparency. For example, when echo is present in audio
signals received at a device which implements a beamformer
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as described above, the echo can be treated as interference in
the received audio signals and the beamformer coefficients
can be adapted such that the beamformer applies a low gainto
the audio signals arriving from the direction (and/or distance)
of the echo signals.

SUMMARY

In adaptive beamformers it may be a highly desired prop-
erty to have a slowly evolving beampattern. Fast changes to
the beampattern tend to cause audible changes in the back-
ground noise characteristics, and as such are not perceived as
natural. Therefore when adapting the beamformer coeffi-
cients in response to the far end activity in a communication
event as described above, there is a trade-off to be made
between quickly suppressing the echo, and not changing the
beampattern too quickly.

The inventor has realized that in a device including a beam-
former and an echo canceller there is conflict of interests in
the operation of the beamformer. In particular, from one per-
spective it is desirable for the adaptation of the beamformer
coefficients to be performed in a slow manner to thereby
provide a smooth beamformer behavior which is not per-
ceived as disturbing to the user. However, from another per-
spective, a slow adaptation of the beamformer coefficients
may introduce a delay between the time at which the beam-
former begins receiving an echo signal and the time at which
the beamformer coefficients are suitably adapted to suppress
the echo signal. Such a delay may be detrimental because it is
desirable to suppress loudspeaker echoes as rapidly as pos-
sible. It may therefore be useful to control the manner in
which the beamformer coefficients are adapted.

According to a first aspect of the invention there is provided
a method of processing signals at a device, the method com-
prising: receiving signals at a plurality of sensors of the
device; determining the initiation of a signal state in which
signals of a particular type are received at the plurality of
sensors; responsive to said determining the initiation of said
signal state, retrieving, from a data store, data indicating
beamformer coefficients to be applied by a beamformer of the
device, said indicated beamformer coefficients being deter-
mined so as to be suitable for application to signals received
at the sensors in said signal state; and the beamformer apply-
ing the indicated beamformer coefficients to the signals
received at the sensors in said signal state, thereby generating
a beamformer output.

The retrieval of the data indicating the beamformer coeffi-
cients from the data store allows the beamformer to be
adapted quickly to the signal state. In this way, in preferred
embodiments, loudspeaker echoes can be suppressed rapidly.
For example, when the signals are audio signals and the signal
state is an echo state in which echo audio signals output from
audio output means of the device are received at the sensors
(e.g. microphones) then the beamforming performance of an
adaptive beamformer can be improved in that the optimal
beamformer behavior can be rapidly achieved, for example in
a teleconferencing setup where loudspeaker echo is fre-
quently occurring. As a result, in these examples the trans-
parency of the echo canceller may be increased, as the loud-
speaker echo in the microphone signal is more rapidly
decreased.

Prior to the initiation of said signal state the device may
operate in an other signal state in which the beamformer
applies other beamformer coefficients which are suitable for
application to signals received at the sensors in said other
signal state, and the method may further comprise storing said
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other beamformer coefficients in said data store responsive to
said determining the initiation of said signal state.

The method may further comprise: determining the initia-
tion of said other signal state; responsive to determining the
initiation of said other signal state, retrieving, from the data
store, data indicating said other beamformer coefficients; and
the beamformer applying said indicated other beamformer
coefficients to the signals received at the sensors in said other
signal state, thereby generating a beamformer output. The
method may further comprise, responsive to said determining
the initiation of said other signal state, storing, in said data
store, data indicating the beamformer coefficients applied by
the beamformer prior to the initiation of said other signal
state.

In preferred embodiments the sensors are microphones for
receiving audio signals and the device comprises audio output
means for outputting audio signals in a communication event,
and said signals of a particular type are echo audio signals
output from the audio output means and the signal state is an
echo state. The other signal state may be a non-echo state in
which echo audio signals are not significantly received at the
microphones.

The step of determining the initiation of the signal state
may be performed before the signal state is initiated. The step
of determining the initiation of the echo state may comprise
determining output activity of the audio output means in the
communication event. The method may further comprise,
responsive to retrieving said beamformer coefficients, adapt-
ing the beamformer to thereby apply the retrieved beam-
former coefficients to the signals received at the sensors
before the initiation of the signal state.

The step of determining the initiation of the signal state
may comprise determining that signals of the particular type
are received at the sensors.

The step of the beamformer applying the indicated beam-
former coefficients may comprise smoothly adapting the
beamformer coefficients applied by the beamformer until
they match the indicated beamformer coefficients.

The step of the beamformer applying the indicated beam-
former coefficients may comprise performing a weighted
sum of: (i) an old beamformer output determined using old
beamformer coefficients which were applied by the beam-
former prior to said determining the initiation of the signal
state, and (ii) a new beamformer output determined using the
indicated beamformer coefficients. The method may further
comprise smoothly adjusting the weight used in the weighted
sum, such that the weighted sum smoothly transitions
between the old beamformer output and the new beamformer
output.

The method may further comprise adapting the beam-
former coefficients based on the signals received at the sen-
sors such that the beamformer applies suppression to undes-
ired signals received at the sensors.

The data indicating the beamformer coefficients may be the
beamformer coefficients.

The data indicating the beamformer coefficients may com-
prise a measure of the signals received at the sensors, wherein
the measure is related to the beamformer coefficients using a
predetermined function. The method may further comprise
computing the beamformer coefficients using the retrieved
measure and the predetermined function. The method may
further comprise smoothly adapting the measure to thereby
smoothly adapt the beamformer coefficients applied by the
beamformer.

The method may further comprise using the beamformer
output to represent the signals received at the plurality of
sensors for further processing within the device.
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The beamformer output may be used by the device in a
communication event. The method may further comprise
applying an echo canceller to the beamformer output.

The signals may be one of: (i) audio signals, (ii) general
broadband signals, (iii) general narrowband signals, (iv) radar
signals, (v) sonar signals, (vi) antenna signals, (vii) radio
waves and (viii) microwaves.

According to a second aspect of the invention there is
provided a device for processing signals, the device compris-
ing: a beamformer; a plurality of sensors for receiving sig-
nals; means for determining the initiation of a signal state in
which signals of a particular type are received at the plurality
of'sensors; and means for retrieving from a data store, respon-
sive to the means for determining the initiation of said signal
state, data indicating beamformer coefficients to be applied
by the beamformer, said indicated beamformer coefficients
being determined so as to be suitable for application to signals
received at the sensors in said signal state, wherein the beam-
former is configured to apply the indicated beamformer coet-
ficients to signals received at the sensors in said signal state,
to thereby generate a beamformer output.

The device may further comprise the data store. In pre-
ferred embodiments the sensors are microphones for receiv-
ing audio signals and the device further comprises audio
output means for outputting audio signals in a communica-
tion event, and said signals of a particular type are echo audio
signals output from the audio output means and the signal
state is an echo state.

The device may further comprise an echo canceller con-
figured to be applied to the beamformer output.

According to a third aspect of the invention there is pro-
vided a computer program product for processing signals at a
device, the computer program product being embodied on a
non-transient computer-readable medium and configured so
as when executed on a processor of the device to perform any
of the methods described herein.

BRIEF DESCRIPTION OF THE DRAWINGS

For a better understanding of the present invention and to
show how the same may be put into effect, reference will now
be made, by way of example, to the following drawings in
which:

FIG. 1 shows a communication system according to a
preferred embodiment;

FIG. 2 shows a schematic view of a device according to a
preferred embodiment;

FIG. 3 shows an environment in which a device according
to a preferred embodiment operates;

FIG. 4 shows a functional block diagram of elements of a
device according to a preferred embodiment;

FIG. 5 is a flow chart for a process of processing signals
according to a preferred embodiment;

FIG. 6a is a timing diagram representing the operation of a
beamformer in a first scenario; and

FIG. 65 is a timing diagram representing the operation of a
beamformer in a second scenario.

DETAILED DESCRIPTION

Preferred embodiments of the invention will now be
described by way of example only. In preferred embodiments
a determination is made that a signal state either is about to be
initiated or has recently been initiated, wherein in the signal
state a device receives signals of a particular type. Data indi-
cating beamformer coefficients which are adapted to be suited
for use with signals of the particular type (of the signal state)
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is retrieved from a memory and a beamformer of the device is
adapted to thereby apply the indicated beamformer coeffi-
cients to signals received in the signal state. By retrieving the
data indicating the beamformer coefficients the behavior of
the beamformer can quickly be adapted to suit the signals of
the particular type which are received at the device in the
signal state. For example, the signals of the particular type
may be echo signals, wherein the beamformer coefficients
can be retrieved to thereby quickly suppress the echo signals
in a communication event.

Reference is first made to FIG. 1 which illustrates a com-
munication system 100 according to a preferred embodiment.
The communication system 100 comprises a first device 102
which is associated with a first user 104. The first device 102
is connected to a network 106 of the communication system
100. The communication system 100 also comprises a second
device 108 which is associated with a second user 110. The
device 108 is also connected to the network 106. Only two
devices (102 and 108) are shown in FIG. 1 for clarity, but it
will be appreciated that more than two devices may be con-
nected to the network 106 of the communication system 100
in a similar manner to that shown in FIG. 1 for devices 102
and 108. The devices of the communication system 100 (e.g.
devices 102 and 108) can communicate with each other over
the network 106 in the communication system 100, thereby
allowing the users 104 and 110 to engage in communication
events to thereby communicate with each other. The network
106 may, for example, be the Internet. Each ofthe devices 102
and 108 may be, for example, a mobile phone, a personal
digital assistant (“PDA”), a personal computer (“PC”) (in-
cluding, for example, Windows™, Mac OS™ and Linux™
PCs), a laptop, a television, a gaming device or other embed-
ded device able to connect to the network 106. The devices
102 and 108 are arranged to receive information from and
output information to the respective users 104 and 110.

Reference is now made to FIG. 2 which illustrates a sche-
matic view of the device 102. The device 102 may be a fixed
or a mobile device. The device 102 comprises a CPU 204, to
which is connected a microphone array 206 for receiving
audio signals, audio output means 210 for outputting audio
signals, a display 212 such as a screen for outputting visual
data to the user 104 of the device 102 and a memory 214 for
storing data.

Reference is now made to FIG. 3, which illustrates an
example environment 300 in which the device 102 operates.

The microphone array 206 of the device 102 receives audio
signals from the environment 300. For example, as shown in
FIG. 3, the microphone array 206 receives audio signals from
auser 104 (as denoted d, in FIG. 3), audio signals froma TV
304 (as denoted d, in FIG. 3), audio signals from a fan 306 (as
denoted d; in FIG. 3) and audio signals from a loudspeaker
310 (as denoted d,, in FIG. 3). The audio output means 210 of
the device 102 comprise audio output processing means 308
and the loudspeaker 310. The audio output processing means
308 operates to send audio output signals to the loudspeaker
310 for output from the loudspeaker 310. The loudspeaker
310 may be implemented within the housing of the device
102. Alternatively, the loudspeaker 310 may be implemented
outside of the housing of the device 102. The audio output
processing means 308 may operate as software executed on
the CPU 204, or as hardware in the device 102. It will be
apparent to a person skilled in the art that the microphone
array 206 may receive other audio signals than those shown in
FIG. 3. In the scenario shown in FIG. 3 the audio signals from
the user 104 are the desired audio signals, and all the other
audio signals which are received at the microphone array 206
are interfering audio signals. In other embodiments more than
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one of the audio signals received at the microphone array 206
may be considered “desired” audio signals, but for simplicity,
in the embodiments described herein there is only one desired
audio signal (that being the audio signal from user 104) and
the other audio signals are considered to be interference.
Other sources of unwanted noise signals may include for
example air-conditioning systems, a device playing music,
other users in the environment and reverberance of audio
signals, e.g. off a wall in the environment 300.

Reference is now made to FIG. 4 which illustrates a func-
tional representation of elements of the device 102 according
to a preferred embodiment of the invention. The microphone
array 206 comprises a plurality of microphones 402, 402,
and 402,. The device 102 further comprises a beamformer
404 which may, for example, be a Minimum Variance Dis-
tortionless Response (MVDR) beamformer. The device 102
further comprises an acoustic echo canceller (AEC) 406. The
beamformer 404 and the AEC 406 may be implemented in
software executed on the CPU 204 or implemented in hard-
ware in the device 102. The output of each microphone 402 in
the microphone array 206 is coupled to a respective input of
the beamformer 404. Persons skilled in the art will appreciate
that multiple inputs are needed in order to implement beam-
forming. The output of the beamformer 404 is coupled to an
input of the AEC 406. The microphone array 206 is shown in
FIG. 4 as having three microphones (402, 402, and 402,),
but it will be understood that this number of microphones is
merely an example and is not limiting in any way.

The beamformer 404 includes means for receiving and
processing the audio signals y, (1), y,(t) and y;(t) from the
microphones 402, 402, and 402, of the microphone array
206. For example, the beamformer 404 may comprise a voice
activity detector (VAD) and a DOA estimation block (not
shown in the Figures). In operation the beamformer 404
ascertains the nature of the audio signals received by the
microphone array 206 and based on detection of speech like
qualities detected by the VAD and the DOA estimation block,
one or more principal direction(s) of the main speaker(s) is
determined. In other embodiments the principal direction(s)
of the main speaker(s) may be pre-set such that the beam-
former 404 focuses on fixed directions. In the example shown
in FIG. 3 the direction of audio signals (d, ) received from the
user 104 is determined to be the principal direction. The
beamformer 404 may use the DOA information (or may sim-
ply use the fixed look direction which is pre-set for use by the
beamformer 404) to process the audio signals by forming a
beam that has a high gain in the direction from the principal
direction (d,) from which wanted signals are received at the
microphone array 206 and a low gain in the directions to any
other signals (e.g. d2, d3 and d4).

The beamformer 404 can also determine the interfering
directions of arrival (d2, d3 and d4), and advantageously the
behavior of the beamformer 404 can be adapted such that
particularly low gains are applied to audio signals received
from those interfering directions of arrival in order to sup-
press the interfering audio signals. Whilst it has been
described above that the beamformer 404 can determine any
number of principal directions, the number of principal direc-
tions determined affects the properties of the beamformer
404, e.g. for a large number of principal directions the beam-
former 404 may apply less attenuation of the signals received
at the microphone array 206 from the other (unwanted) direc-
tions than if only a single principal direction is determined.
Alternatively the beamformer 404 may apply the same sup-
pression to a certain undesired signal even when there are
multiple principal directions: this is dependent upon the spe-
cific implementation of the beamformer 404. The optimal
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beamforming behavior of the beamformer 404 is different for
different scenarios where the number of, powers of, and loca-
tions of undesired sources differ. When the beamformer 404
has limited degrees of freedom, a choice is made between
either (i) suppressing one signal more than other signals, or
(ii) suppressing all the signals by the same amount. There are
many variants of this, and the actual suppression chosen to be
applied to the signals depends on the scenario currently expe-
rienced by the beamformer 404. The output of the beam-
former 404 may be provided in the form of a single channel to
be processed. It is also possible to output more than one
channel, for example to preserve or to virtually generate a
stereo image. The output of the beamformer 404 is passed to
the AEC 406 which cancels echo in the beamformer output.
Techniques to cancel echo in the signals using the AEC 406
are known in the art and the details of such techniques are not
described in detail herein. The output of the AEC 406 may be
used in many different ways in the device 102 as will be
apparent to a person skilled in the art. For example, the output
of the beamformer 404 could be used as part of a communi-
cation event in which the user 104 is participating using the
device 102.

The other device 108 in the communication system 100
may have corresponding elements to those described above in
relation to device 102.

When the adaptive beamformer 404 is performing well, it
estimates its behavior (i.e. the beamformer coefficients)
based on the signals received at the microphones 402 ina slow
manner in order to have a smooth beamforming behavior that
does not rapidly adjust to sudden onsets of undesired sources.
There are two primary reasons for adapting the beamformer
coefficients of the beamformer 404 in a slow manner. Firstly,
it is not desired to have a rapidly changing beamformer
behavior since that may be perceived as very disturbing by the
user 104. Secondly, from a beamforming perspective it makes
sense to suppress the undesired sources that are prominent
most of the time: that is, undesired signals which last for only
a short duration are typically less important to suppress than
constantly present undesired signals. However, as described
above, it is desirable that loudspeaker echoes are suppressed
as rapidly as possible.

In methods described herein the beamformer state (e.g. the
beamformer coefficients which determine the beamforming
effects implemented by the beamformer 404 in combining the
microphone signals y, (1), y,(t) and y;(t)) is stored in the
memory 214, for the two scenarios (i) when there is no echo,
and (i) when there is echo. As soon as loudspeaker activity is
detected, for example as soon as a signal is received in a
communication event for output from the loudspeaker 310
then the beamformer 404 can be set to the pre-stored beam-
former state for beamforming during echo activity. Loud-
speaker activity can be detected by the teleconferencing setup
(which includes the beamformer 404), used in the device 102
for engaging in communication events over the communica-
tion system 100. At the same time the beamformer state (that
is, the beamformer coefficients used by the beamformer 404
before the echo state is detected) is saved in the memory 214
as the beamforming state for non-echo activity. When the
echo stops being present the beamformer 404 is set to the
pre-stored beamformer state for beamforming during non-
echo activity (using the beamformer coefficients previously
stored in the memory 214) and at the same time the beam-
former state (i.e. the beamformer coefficients used by the
beamformer 404 before the echo state is finished) is saved as
the beamforming state for echo activity. The transitions
between the beamformer states, i.e. the adaptation of the
beamformer coefficients applied by the beamformer 404, are
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made smoothly over a finite period of time (rather than being
instantaneous transitions), to thereby reduce the disturbance
perceived by the user 104 caused by the transitions.

With reference to FIG. 5 there is now described a method of
processing data according to a preferred embodiment. The
user 104 engages in a communication event (such as an audio
or video call) with the user 110, wherein data is transmitted
between the devices 102 and 108 in the communication event.
When audio data is not received at the device 102 from the
device 108 in the communication event then the device 102
operates in a non-echo state in which echo signals are not
output from the loudspeaker 310 and received at the micro-
phone array 206.

In step S502 audio signals are received at the microphones
402,, 402, and 402, of the microphone array 206 in the
non-echo state. The audio signals may, for example, be
received from the user 104, the TV 304 and/or the fan 306.

In step S504 the audio signals received at the microphones
402,, 402, and 402, are passed to the beamformer 404 (as
signals y,(t), y,(t) and y;(t) as shown in FIG. 4) and the
beamformer 404 applies beamformer coefficients for the non-
echo state to the audio signals y, (1), y,(t) and y;(t) to thereby
generate the beamformer output. As described above the
beamforming process combines the received audio signals
v, (1), y5(t) and y5(t) in such a way (in accordance with the
beamformer coefficients) that audio signals received from
one location (i.e. direction and distance) may be enhanced
relative to audio signals received from another location. For
example, in the non-echo state the microphones 402, 402,
and 402, may be receiving desired audio signals from the user
104 (from direction d,) for use in the communication event
and may also be receiving interfering, undesired audio signals
from the fan 306 (from direction d,). The beamformer coef-
ficients applied by the beamformer 404 can be adapted such
that the audio signals received from direction d; (from the
user 104) are enhanced relative to the audio signals received
from direction d; (from the fan 306). This may be done by
applying suppression to the audio signals received from
direction d; (from the fan 306).

The beamformer output may be passed to the AEC 406 as
shown in FIG. 4. However, in the non-echo state the AEC 406
might not perform any echo cancellation on the beamformer
output. Alternatively, in the non-echo state the beamformer
output may bypass the AEC 406.

In step S506 it is determined whether an echo state either
has been initiated or is soon to be initiated. For example, it
may be determined that an echo state has been initiated if
audio signals of the communication event (e.g. audio signals
received from the device 108 in the communication event)
which have been output from the loudspeaker 310 are
received by the microphones 402, 402, and 402 of the
microphone array 206. Alternatively, audio signals may be
received at the device 102 from the device 108 over the
network 106 in the communication event to be output from
the loudspeaker 310 at the device 102. An application (ex-
ecuted on the CPU 204) handling the communication event at
the device 102 may detect the loudspeaker activity that is
about to occur when the audio data is received from the device
108 and may indicate to the beamformer 404 that audio sig-
nals of the communication event are about to be output from
the loudspeaker 310. In this way the initiation of the echo state
can be determined before the echo state is actually initiated,
i.e. before the loudspeaker 310 outputs audio signals received
from the device 108 in the communication event. For
example, there may be a buffer in the playout soundcard
where the audio samples are placed before being output from
the loudspeaker 310. The buffer would need to be traversed
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before the audio signals can be played out, and the delay in
this buffer will allow us to detect the loudspeaker activity
before the corresponding audio signals are played in the loud-
speaker 310.

If the initiation of the echo state is not determined in step
S506 then the method passes back to step S502. Steps S502,
S504 and S506 repeat in the non-echo state, such that audio
signals are received and the beamformer applies beamformer
coefficients for the non-echo state to the received audio sig-
nals until the initiation of the echo state is determined in step
S506. The beamformer 404 also updates the beamformer
coefficients in real-time according to the received signals in
an adaptive manner. In this way the beamformer coefficients
are adapted to suit the received signals.

Ifthe initiation of the echo state is determined in step S506
then the method passes to step S508. In step S508 the current
beamformer coefficients which are being applied by the
beamformer 404 in the non-echo state are stored in the
memory 214. This allows the beamformer coefficients to be
subsequently retrieved when the non-echo state is subse-
quently initiated again (see step S522 below).

In step S510 beamformer coeflicients for the echo state are
retrieved from the memory 214. The retrieved beamformer
coefficients are suited for use in the echo state. For example,
the retrieved beamformer coefficients may be the beam-
former coefficients that were applied by the beamformer 404
during the previous echo state (which may be stored in the
memory 214 as described below in relation to step S520).

In step S512 the beamformer 404 is adapted so that it
applies the retrieved beamformer coefficients for the echo
state to the signals y,(t), y,(t) and y;(t). The beamformer
coefficients applied by the beamformer 404 can be changed
smoothly over a period of time (e.g. in the range 0.5 to 1
second) to thereby avoid sudden changes to the beampattern
of the beamformer 404. As an alternative to changing the
beamformer coefficients, there are two sets of beamformer
coefficients which do not change, the two sets being: (i) old
beamformer coeficients (i.e. those used in the non-echo state
just prior to the determination of the initiation of the echo
state), and (ii) new beamformer coefficients (i.e. those
retrieved from the memory 214 for the echo state) and a
respective beamformer output is computed using both the
new and the old beamformer coefficients. The beamformer
404 transitions smoothly between using the old beamformer
output (i.e. the beamformer output computed using the old
beamformer coefficients) and the new beamformer output
(i.e. the beamformer output computed using the new beam-
former coefficients).

The smooth transition can be made by applying respective
weights to the old and new beamformer outputs to form a
combined beamformer output which is used for the output of
the beamformer 404. The weights are slowly adjusted to make
a gradual transition from the beamformer output using the old
beamformer coefficients, to the output using the new beam-
former coefficients.

This can be expressed using the following equations:
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Where w,, ,>? and w,, /**" are the old and new beamformer
coefficients respectively with coefficient index k applied to
microphone signal m (x,,(t-k)) and g(t) is a weight that is
slowly over time adjusted from 1 t0 0. y_,(t) and y,,...(t) are
the beamformer outputs using the old and new beamformer
coefficients. y(t) is the final beamformer output of the beam-
former 404. It can be seen here that an alternative to adjusting
the beamformer coefficients themselves is to implement a
gradual transition from the output achieved using the old
beamformer coefficients to the output achieved using the new
beamformer coefficients. This has the same advantages as
gradually changing the beamformer coefficients in that the
beamformer output from the beamformer 404 does not have
sudden changes and may therefore not be disturbing to the
user 104. For simplicity, the equations given above describe
the example in which the beamformer 404 has a mono beam-
former output, but the equations can be generalized to cover
beamformers with stereo outputs.

As described above a time-dependent weighting (g(t)) may
be used to weight the old and new beamformer coefficients so
that the weight of the old output is gradually reduced from 1
to 0, and the weight of the new output gradually is increased
from O to 1, until the weight of the new output is 1, and the
weight of the old output is 0.

Sudden changes to the beampattern of the beamformer 404
can be disturbing to the user 104 (or the user 110).

The beamformer coefficients applied by the beamformer
404 in the echo state are determined such that the beamformer
404 applies suppression to the signals received from the loud-
speaker 310 (from direction d,) at the microphones 402,
402, and 402, of the microphone array 206. In this way the
beamformer 404 can suppress the echo signals in the com-
munication event. The beamformer 404 can also suppress
other disturbing signals received at the microphone array 206
in the communication event in a similar manner.

Since the beamformer 404 is an adaptive beamformer 404,
it will continue to monitor the signals received during the
echo state and if necessary adapt the beamformer coefficients
used in the echo state such that they are optimally suited to the
signals being received at the microphones 402,, 402, and
402, of the microphone array 206.

The method continues to step S514 with the device 102
operating in the echo state. In step S514 audio signals are
received at the microphones 402, 402, and 402 of the micro-
phone array 206 in the echo state. The audio signals may, for
example, be received from the user 104, the loudspeaker 310,
the TV 304 and/or the fan 306.

In step S516 the audio signals received at the microphones
402,, 402, and 402, are passed to the beamformer 404 (as
signals y,(t), y,(t) and y;(t) as shown in FIG. 4) and the
beamformer 404 applies beamformer coefficients for the
echo state to the audio signals y, (1), y,(t) and y;(t) to thereby
generate the beamformer output. As described above the
beamforming process combines the received audio signals
v, (1), y5(t) and y5(t) in such a way (in accordance with the
beamformer coefficients) that audio signals received from
one location (i.e. direction and distance) may be enhanced
relative to audio signals received from another location. For
example, in the echo state the microphones 402, 402, and
402, may be receiving desired audio signals from the user 104
(from direction d,) for use in the communication event and
may also be receiving interfering, undesired echo audio sig-
nals from the loudspeaker 310 (from direction d,). The beam-
former coefficients applied by the beamformer 404 can be
adapted such that the audio signals received from direction d,
(from the user 104) are enhanced relative to the echo audio
signals received from direction d, (from the loudspeaker
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310). This may be done by applying suppression to the echo
audio signals received from direction d, (from the loud-
speaker 310).

The beamformer output may be passed to the AEC 406 as
shown in FIG. 4. In the echo state the AEC 406 performs echo
cancellation on the beamformer output. The use of the beam-
former 404 to suppress some of the echo prior to the use of the
AEC 406 allows a more efficient echo cancellation to be
performed by the AEC 406, whereby the echo cancellation
performed by the AEC 406 is more transparent. The echo
canceller 406 (which includes an echo suppressor) needs to
apply less echo suppression when the echo level in the
received audio signals is low compared to when the echo level
in the received audio signals is high in relation to a near-end
(desired) signal. This is because the amount of echo suppres-
sion applied by the AEC 406 is set according to how much the
near-end signal is masking the echo signal. The masking
effect is larger for lower echo levels and if the echo is fully
masked, no echo suppression is needed to be applied by the
AEC 406.

In step S518 it is determined whether a non-echo state has
been initiated. For example, it may be determined that a
non-echo state has been initiated if audio signals of the com-
munication event have not been received from the device 108
for some predetermined period of time (e.g. in the range 1 to
2 seconds), or if audio signals of the communication event
have not been output from the loudspeaker 310 and received
by the microphones 402,, 402, and 402, of the microphone
array 206 for some predetermined period of time (e.g. in the
range 1 to 2 seconds).

If the initiation of the non-echo state is not determined in
step S518 then the method passes back to step S514. Steps
S514, S516 and S518 repeat in the echo state, such that audio
signals are received and the beamformer 404 applies beam-
former coefficients for the echo state to the received audio
signals (to thereby suppress the echo in the received signals)
until the initiation of the non-echo state is determined in step
S518. The beamformer 404 also updates the beamformer
coefficients in real-time according to the received signals in
an adaptive manner. In this way the beamformer coefficients
are adapted to suit the received signals.

If the initiation of the non-echo state is determined in step
S518 then the method passes to step S520. In step S520 the
current beamformer coefficients which are being applied by
the beamformer 404 in the echo state are stored in the memory
214. This allows the beamformer coefficients to be subse-
quently retrieved when the echo state is subsequently initiated
again (see step S510).

In step S522 beamformer coefficients for the non-echo
state are retrieved from the memory 214. The retrieved beam-
former coefficients are suited for use in the non-echo state.
For example, the retrieved beamformer coefficients may be
the beamformer coefficients that were applied by the beam-
former 404 during the previous non-echo state (which were
stored in the memory 214 in step S508 as described above).

In step S524 the beamformer 404 is adapted so that it
applies the retrieved beamformer coefficients for the non-
echo stateto the signals y, (1), y,(t) and y;(t). The beamformer
coefficients applied by the beamformer 404 can be changed
smoothly over a period of time (e.g. in the range 0.5 to 1
second) to thereby avoid sudden changes to the beampattern
of the beamformer 404. Sudden changes to the beampattern
of the beamformer 404 can be disturbing to the user 104 (or
the user 110). As an alternative to changing the beamformer
coefficients, as described above, the beamformer output can
be smoothly transitioned between an old beamformer output
(for the echo state) and a new beamformer output (for the
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non-echo state) by smoothly adjusting a weighting used in a
weighted sum of the old and new beamformer outputs.

The beamformer coefficients applied by the beamformer
404 in the non-echo state are determined such that the beam-
former 404 applies suppression to the interfering signals
received at the microphones 402, 402, and 402 of the micro-
phone array 206, such as from the TV 304 or the fan 306.

Alternatively, instead of retrieving the beamformer coeffi-
cients for the non-echo state, the method may bypass steps
S522 and S524. In this way the beamformer coefficients are
not retrieved from memory 214 for the non-echo state and
instead the beamformer coefficients will simply adapt to the
received signals y, (1), y, (t) and y5(t). It is important to
quickly adapt to the presence of echo when the echo state is
initiated as described above, which is why the retrieval of
beamformer coefficients for the echo state is particularly
advantageous. Although it is still beneficial, it is less impor-
tant to quickly adapt to the non-echo state than to quickly
adapt to the echo state, which is why some embodiments may
bypass steps S522 and S524 as described in this paragraph.

Since the beamformer 404 is an adaptive beamformer 404,
it will continue to monitor the signals received during the
non-echo state and if necessary adapt the beamformer coef-
ficients used in the non-echo state such that they are optimally
suited to the signals being received at the microphones 402,
402, and 402 of the microphone array 206 (e.g. as the inter-
fering signals from the TV 304 or the fan 306 change). The
method then continues to step S502 with the device 102
operating in the non-echo state.

There is therefore described above in relation to FIG. 5 a
method of operating the device 102 whereby the beamformer
coefficients for different signal states (e.g. an echo state and a
non-echo state) can be retrieved from the memory 214 and
applied by the beamformer 404 when the respective signal
states are initiated. This allows the beamformer 404 to be
adapted quickly to suit the particular types of signals which
are received at the microphone array 206 in the different
signal states.

As an example, assuming that there is an undesired noise
signal N(t) present all the time, and an undesired echo signal
S(t) infrequently occurring, the beamformer state (i.e. the
beamformer coefficients of the beamformer 404) for when
there is echo would be adapted to suppressing the combina-
tion of N(t) and S(t) in the signals received at the microphones
402,402, and 402, of the microphone array 206. In contrast,
the beamformer state (i.e. the beamformer coefficients of the
beamformer 404) for when there is no echo would be adapted
to suppressing the noise signal N(t) only.

In a practical teleconferencing application the delay from
when the application sees activity in the signals to be output
from the loudspeaker 310 until the resulting echo arrives at
the microphone array 206 may be quite long, e.g. it may be
greater than 100 milliseconds. Embodiments of the invention
advantageously allow the beamformer 404 to change its
behavior (in a slow manner) by adapting its beamformer
coefficients to be suited for suppressing the echo before the
echo signals are actually received at the microphones 402,
402, and 402 of the microphone array 206. This allows the
beamformer 404 to adapt to a good echo suppression beam-
former state before the onset of the arrival of echo signals at
the microphone array 206 in the echo state.

FIG. 6a is a timing diagram representing the operation of
the beamformer 404 in a first scenario. The device 102 is
engaging in a communication event (e.g. an audio or video
call) with the device 108 over the network 106. The beam-
former 404 is initially operating in a non-echo mode before
any audio signals of the communication event are output from
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the loudspeaker 310. At time 602 the application handling the
communication event at the device 102 detects incoming
audio data from the device 108 which is to be output from the
loudspeaker 310 in the communication event. In other words,
the application detects the initiation of the echo state. It is not
until time 604 that the audio signals received from the device
108 in the communication event and output from the loud-
speaker 310 begin to be received by the microphones 402,
402, and 402, of the microphone array 206. As described
above, in response to detecting the initiation of the echo state
at time 602, during the time 606 the beamformer coefficients
for the echo state are retrieved from the memory 214 and the
beamformer 404 is adapted so that it applies the retrieved
beamformer coefficients by time 608. Therefore by time 608
the beamformer 404 is applying the beamformer coefficients
(having a suitable beamforming effect) which are suitable for
suppressing echo in the received signals y, (1), y,(t) and y;(1).
Therefore the beamformer 404 is adapted for the echo state at
time 608 which is prior to the onset of receipt of the echo
signals at the microphones 402,, 402, and 402 of the micro-
phone array 206, which occurs at time 604.

This is in contrast to the prior art in which beamformer
coefficients are adapted based on the received signals. This is
shown by the duration 610 in FIG. 6a. In this case the beam-
former state is not suited to the echo state until time 612. That
is, during time 610 the beamformer is adapted based on the
received audio signals (which include the echo) such that at
time 612 the beamformer is suitably adapted to the echo state.
It can be seen that the method of the prior art described here
results in a longer period during which the beamformer coef-
ficients are changed than that resulting from the method
described above in relation to FIG. 5 (i.e. the time period 610
is longer than the time period 606). This is because in the
method shown in FIG. 5 the beamformer coefficients are
retrieved from the memory 214 so it is quick for the beam-
former to adapt to those retrieved beamformer coefficients,
whereas in the prior art the beamformer coefficients must be
determined based on the received audio signals. Furthermore,
in the prior art the beamformer does not begin adapting to the
echo state until the echo signals are received at the micro-
phones at time 604, whereas in the method described above in
relation to FIG. 5 the beamformer 404 may begin adapting to
the echo state when the loudspeaker activity is detected at
time 602. Therefore, in the prior art the beamformer is not
fully suited to the echo until time 612 which is later than the
time 608 at which the beamformer 404 of preferred embodi-
ments is suited to the echo.

FIG. 65 is a timing diagram representing the operation of
the beamformer 404 in a second scenario. In the second
scenario the echo is received at the microphones 402, 402,
and 402, of the microphone array 206 before the beamformer
coefficients have fully adapted to the echo state. The device
102 is engaging in a communication event (e.g. an audio or
video call) with the device 108 over the network 106. The
beamformer 404 is initially operating in a non-echo mode
before any audio signals of the communication event are
output from the loudspeaker 310. At time 622 the application
handling the communication event at the device 102 detects
incoming audio data from the device 108 which is to be output
from the loudspeaker 310 in the communication event. In
other words, the application detects the initiation of the echo
state. It is not until time 624 that the audio signals received
from the device 108 in the communication event and output
from the loudspeaker 310 begin to be received by the micro-
phones 402,, 402, and 402, of the microphone array 206. As
described above, in response to detecting the initiation of the
echo state at time 622, during the time 626 the beamformer
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coefficients for the echo state are retrieved from the memory
214 and the beamformer 404 is adapted so that it applies the
retrieved beamformer coefficients by time 628. Therefore by
time 628 the beamformer 404 is applying the beamformer
coefficients which are suitable for suppressing echo in the
received signals vy, (1), y,(t) and y;(t). Therefore the beam-
former 404 is adapted for the echo state at time 628 which is
very shortly after the onset of receipt of the echo signals at the
microphones 402, 402, and 402, of the microphone array
206, which occurs at time 624.

This is in contrast to the prior art in which beamformer
coefficients are adapted based on the received signals. This is
shown by the duration 630 in FIG. 6. In this case the beam-
former state is not suited to the echo state until time 632. That
is, during time 630 the beamformer is adapted based on the
received audio signals (which include the echo) such that at
time 632 the beamformer is suitably adapted to the echo state.
It can be seen that the method of the prior art described here
results in a longer period during which the beamformer coef-
ficients are changed than that resulting from the method
described above in relation to FIG. 5 (i.e. the time period 630
is longer than the time period 626). This is because in the
method shown in FIG. 5 the beamformer coefficients are
retrieved from the memory 214 so it is quick for the beam-
former to adapt to those retrieved beamformer coefficients,
whereas in the prior art the beamformer coefficients must be
determined based on the received audio signals. Furthermore,
in the prior art the beamformer does not begin adapting to the
echo state until the echo signals are received at the micro-
phones at time 624, whereas in the method described above in
relation to FIG. 5 the beamformer 404 may begin adapting to
the echo state when the loudspeaker activity is detected at
time 622. Therefore, in the prior art the beamformer is not
suited to the echo until time 632 which is later than the time
628 at which the beamformer 404 of preferred embodiments
is suited to the echo.

The timing diagrams of FIGS. 6a and 65 are provided for
illustrative purposes and are not necessarily drawn to scale.

As described above, the beamformer 404 may be imple-
mented in software executed on the CPU 204 or implemented
in hardware in the device 102. When the beamformer 404 is
implemented in software, it may be provided by way of a
computer program product embodied on a non-transient com-
puter-readable medium which is configured so as when
executed on the CPU 204 of the device 102 to perform the
function of the beamformer 404 as described above. The
method steps shown in FIG. 5§ may be implemented as mod-
ules in hardware or software in the device 102.

Whilst the embodiments described above have referred to
a microphone array 206 receiving one desired audio signal
(d,) from a single user 104, it will be understood that the
microphone array 206 may receive audio signals from a plu-
rality of users, for example in a conference call which may all
be treated as desired audio signals. In this scenario multiple
sources of wanted audio signals arrive at the microphone
array 206.

The device 102 may be a television, laptop, mobile phone
or any other suitable device for implementing the invention
which has multiple microphones such that beamforming may
be implemented. Furthermore, the beamformer 404 may be
enabled for any suitable equipment using stereo microphone
pickup.

In the embodiments described above, the loudspeaker 310
is a monophonic loudspeaker for outputting monophonic
audio signals and the beamformer output from the beam-
former 404 is a single signal. However, this is only in order to
simplify the presentation and the invention is not limited to be
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used only for such systems. In other words, some embodi-
ments of the invention may use stereophonic loudspeakers for
outputting stereophonic audio signals, and some embodi-
ments of the invention may use beamformers which output
multiple signals.

In the embodiments described above the beamformer coef-
ficients for the echo state and the beamformer coefficients for
the non-echo state are stored in the memory 214 of the device
102. However, in alternative embodiments the beamformer
coefficients for the echo state and the beamformer coeffi-
cients for the non-echo state may be stored in a data store
which is not integrated into the device 102 but which may be
accessed by the device 102, for example using a suitable
interface such as a USB interface or over the network 106
(e.g. using a modem).

The non-echo state may be used when echo signals are not
significantly received at the microphones 402, 402, and 402,
of the microphone array 206. This may occur either when
echo signals are not being output from the loudspeaker 310 in
the communication event. Alternatively, this may occur when
the device 102 is arranged such that signals output from the
loudspeaker are not significantly received at the microphones
402,, 402, and 402, of the microphone array 206. For
example, when the device 102 operates in a hands free mode
then the echo signals may be significantly received at the
microphones 402,, 402, and 402, of the microphone array
206. However, when the device 102 is not operating in the
hands free mode (for example when a headset is used) then
the echo signals might not be significantly received at the
microphones 402,, 402, and 402, of the microphone array
206 and as such, the changing of the beamformer coefficients
to reduce echo (in the echo state) is not needed since there is
no significant echo, even though a loudspeaker signal is
present.

In the embodiments described above it is the beamformer
coefficients themselves which are stored in the memory 214
and which are retrieved in steps S510 and S522. As an
example, the beamformer coefficients may be Finite Impulse
Response (FIR) filter coefficients, w, describing filtering to be
applied to the microphone signals y, (1), y,(t) and y,(t) by the
beamformer 404. The coefficients of the FIR filters may be
computed using a formula w=f(G) where G is a signal-de-
pendent statistic measure, and f( ) is a predetermined function
for computing the beamformer filter coefficients w therefrom.
In some embodiments, rather than storing and retrieving the
beamformer filter coefficients w, it is the statistic measure G,
that is stored in the memory 214 and retrieved from the
memory 214 in steps S510 and S522. The statistic measure G
provides an indication of the filter coefficients w. Once the
measure G has been retrieved, the beamformer filter coeffi-
cients w can be computed using the predetermined function
F(). The computed beamformer filter coefficients can then be
applied by the beamformer 404 to the signals received by the
microphones 402,, 402, and 402, of the microphone array
206. It may require less memory to store the measure G than
to store the filter coefficients w. Furthermore, it may be advan-
tageous from an accuracy and/or performance perspective to
perform the averaging on G (rather than on the beamformer
filter coefficients w themselves) since this can give a better
result. When the measure G is stored in the memory 214, the
behavior of the beamformer 404 can be smoothly adapted by
smoothly adapting the measure G.

In the embodiments described above the signals processed
by the beamformer are audio signals received by the micro-
phone array 206. However, in alternative embodiments the
signals may be another type of signal (such as general broad-
band signals, general narrowband signals, radar signals, sonar
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signals, antenna signals, radio waves or microwaves) and a
corresponding method can be applied. For example, the
beamformer state (i.e. the beamformer coefficients) can be
retrieved from a memory when the initiation of a particular
signal state is determined.

Furthermore, while this invention has been particularly
shown and described with reference to preferred embodi-
ments, it will be understood to those skilled in the art that
various changes in form and detail may be made without
departing from the scope of the invention as defined by the
appendant claims.

What is claimed is:

1. A method of processing signals at a device, the method
comprising:

receiving signals at a plurality of sensors of the device;

determining the initiation of an echo signal state in which

signals including echo signals are received at the plural-
ity of sensors;

responsive to the determining the initiation of the echo

signal state, retrieving, from a data store, data indicating
beamformer coefficients to be applied by a beamformer
of the device, the indicated beamformer coeflicients
being determined so as to be suitable for application to
the signals received at the sensors in the echo signal
state; and

the beamformer applying the indicated beamformer coef-

ficients to the signals received at the sensors in the echo
signal state to generate a beamformer output.

2. The method of claim 1 wherein prior to the initiation of
the echo signal state the device operates in a non-echo signal
state in which the beamformer applies other beamformer
coefficients which are suitable for application to the signals
received at the sensors in the non-echo signal state, and
wherein the method further comprises storing the other beam-
former coefficients in the data store responsive to the deter-
mining the initiation of the echo signal state.

3. The method of claim 2 further comprising:

determining the initiation of the non-echo signal state;

responsive to determining the initiation of the non-echo
signal state, retrieving, from the data store, data indicat-
ing the other beamformer coefficients; and

the beamformer applying the indicated other beamformer

coefficients to the signals received at the sensors in the
non-echo signal state, thereby generating the beam-
former output.

4. The method of claim 3 further comprising, responsive to
the determining the initiation of the non-echo signal state,
storing, in the data store, data indicating the beamformer
coefficients applied by the beamformer prior to the initiation
of the non-echo signal state.

5. The method of claim 1 wherein the sensors are micro-
phones for receiving audio signals and wherein the device
comprises an audio output block for outputting audio signals
in a communication event, wherein the audio signals are echo
audio signals output from the audio output block in the echo
signal state.

6. The method of claim 2 wherein the non-echo signal state
is a state in which echo audio signals are not significantly
received at the sensors wherein the sensors are microphones.

7. The method of claim 1 wherein the determining the
initiation of the echo signal state is performed before the echo
signal state is initiated.

8. The method of claim 5 wherein the determining the
initiation of the echo state comprises determining output
activity of the audio output block in the communication event.
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9. The method of claim 1 wherein the determining the
initiation of the echo signal state comprises determining that
echo signals are received at the sensors.

10. The method of claim 1 wherein the beamformer apply-
ing the indicated beamformer -coefficients comprises
smoothly adapting the beamformer coefficients applied by
the beamformer until they match the indicated beamformer
coefficients.

11. The method of claim 1 wherein the beamformer apply-
ing the indicated beamformer coefficients comprises per-
forming a weighted sum of an old beamformer output deter-
mined using old beamformer coefficients which were applied
by the beamformer prior to the determining the initiation of
the echo signal state, and a new beamformer output deter-
mined using the indicated beamformer coefficients.

12. The method of claim 11 further comprising smoothly
adjusting the weight used in the weighted sum, such that the
weighted sum smoothly transitions between the old beam-
former output and the new beamformer output.

13. The method of claim 1 further comprising adapting the
beamformer coefficients based on the signals received at the
sensors such that the beamformer applies suppression to
undesired signals received at the sensors.

14. The method of claim 1 wherein the data indicating the
beamformer coefficients is the beamformer coefficients.

15. The method of claim 1 wherein the retrieved data
indicating the beamformer coefficients comprises a measure
of' the signals received at the sensors, wherein the measure is
related to the beamformer coefficients using a predetermined
function.

16. The method of claim 15 further comprising computing
the beamformer coefficients using the measure included in
the retrieved data and the predetermined function.

17. The method of claim 16 further comprising smoothly
adapting the measure to thereby smoothly adapt the beam-
former coefficients applied by the beamformer.

18. The method of claim 1 further comprising using the
beamformer output to represent the signals received at the
plurality of sensors for further processing within the device.

19. The method of claim 18 wherein the beamformer out-
put is used by the device in a communication event.

20. The method of claim 1 further comprising applying
echo cancellation to the beamformer output.

21. The method of claim 1 wherein the signals are one of:
audio signals, general broadband signals, general narrow-
band signals, radar signals, sonar signals, antenna signals,
radio waves, or microwaves.

22. A device for processing signals, the device comprising:

a beamformer;

a plurality of sensors for receiving signals; and

a processing system configured to perform operations

comprising:

determining the initiation of an echo signal state in
which signals including echo signals are received at
the plurality of sensors; and

retrieving from a data store, responsive to the determin-
ing the initiation of the echo signal state, data indicat-
ing beamformer coefficients to be applied by the
beamformer, the indicated beamformer coefficients
being determined so as to be suitable for application
to the signals received at the sensors in the echo signal
state;

the beamformer configured to perform operations compris-

ing:

applying the indicated beamformer coefficients to the
signals received at the sensors in the echo signal state;
and

generating a beamformer output.
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23. The device of claim 22 further comprising the data
store.

24. The device of claim 22 wherein the sensors are micro-
phones for receiving audio signals and the device further
comprising an audio output block for outputting audio signals
in a communication event, wherein the echo signals are echo
audio signals output from the audio output block in the echo
signal state.

25. The device of claim 22 further comprising an echo
canceller configured to be applied to the beamformer output.

26. A beamformer for processing signals received at a
plurality of signal sensors, the beamformer configured to:

receive signals from the plurality of sensors;

determine the initiation of an echo signal state in which

signals including echo signals are received at the plural-
ity of sensors;

responsive to the determination of the initiation of the echo

signal state, retrieve, from a data store, data indicating
beamformer coefficients to be applied, the indicated
beamformer coefficients being determined so as to be
suitable for application to the signals received at the
sensors in the echo signal state; and

apply the indicated beamformer coefficients to the signals

received at the sensors in the echo signal state to gener-
ate a beamformer output.
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